
THE DECTALK  SYSTEM  FOR GERMAN: A STLJDY OF 
THE MODIFICATION OF A TEXT-TO-SPEECH 

CQhTERTER FOR A FOREIGN LANGTJAGE 

ABSTRACT 
This paper  describes t h e  clevelopnlelrt of the  Gerlnan  version of 
the  DECtalB  system, which was originally  designed for t h e  
American  language by D.J-i. IClatl. The  aim of (,his paper is not 
only to provide an overview on  the prohiems and difliculllca  for 
German text-to-speech conversion,  using  the  citscade~parallel 
formant  synthcsizer  and on t h e  use of n e w  algorithms i'or 
parameter  extraction, bu t  also lo provide a study of the 
modification procedure  which is nccessary to l )b i ld  a. n e w  

language version for  a  test-to-specch systcln \\hic!l \ v u  tlcsignecl 
for a different,  language. These experiences arc import,ani lor  tile 
fut,ure design of multilingual lext-to-speecl~ systems  because t h e  
modificat,ion from one language to  anolher  language giyes 
automat.ically the  answer  to  many  questions wllich are inlcrcst- 
ing for t,he design of a multilingua,l system  or at, least a syskm 
v h i c h  can be easily modilied for another  language. T h e  paper 
describes  the most. important steps that have to be perforlnetl 
during t h e  modification procctlure; i.e. tc'st, nomalizat-ion and 
letter-to-sound rules! description of tlrc used synt.1:esizer. 
description of the tools used for specch analysis a11(! comparison 
of synthelic and natural  speech, t,uni!lg of the  sta.lionary pa.r~s 
of the  phonemes,  transitions, prosodics and generat,ion of 
different voices. 

INTRODUCTION 
T h e  DECtalk kxt-to-specc.11 co11vertc.r \Y<IS origilrnll?- tlc\c.lopetl 
by D.H. I<lat,t  for  tlrc Ar~ lc r i can  la~lguhge anti I~eca~ne   one  of t,he 
most successful i,ext,-t.o-speech systems. -4 few years ago, it. \vas 

decicied t o  develop  foreign  versions of t h e  DECtallc systcm to 
cover  the  main European languages. One of the mosl advanced 
foreign versions is t h e  German version \vhich \vas s t a r t e d  i n  
1984 111. T h e  work 011 the  Gernlan  DECtslk  system is no\v 
almost  completed and in a final revicw i t  can he  said tha t  t,he 
modification of a text-to-speech systern i'or R n e w  language is a 
very  time  consuming  task which requires  a high m o u n t  of 
language  specific know7leclg.e in phonetics and linguist,ics and of 
knowledge in  signal  processing  and progrnlm development. I t  
turned ou t   t ha t  all import,ant,  modules of i-he software  for t h e  
text-to-speech system w h i c h  are  shown in l5.g-L have to be  
modified or even  completely  repiacctl. 'The most important, 
.- 



words  exist in t,he  German  language  makes  the  stress  assign- 
ment even more  complicated.  Usually,  the  introduction of stress 
markers  for  primary  and  secondary  stress is sufficient, but  for 
very  long  words, a marker  for  tertiary  stress  may  sometimes be 
appropriate. 

THE  CASCADE/PARALLEL  FORMANT SYN- 
THESIZER 

The  cascade/parallel  formant  synthesizer used for the  text-to- 
speech  system is a slightly  modified  version of the  synthesizer 
described  by D.1-I. Klatt  i n  121. 

One of the  most  remarkable  changes is the new  voicing  source 
which is very  flexible and is also  importaut  for  the  generation of 
different  voices. The  synthesizer  has  a  large  variety of control 
parameters,  which  gives  the  developer a high  degree of freedom 
to  synthesize all possible  phonetic  phenomena  but  this  high 
degree of freedom  leads  sometimes  also to the  problem of finding 
the  right  parameter  constellation  to  synthesize a desired  utter- 
ance. The  following is a  short  overview of the  synthesizer 
parameters: 

parameters  which  are  modified  during  the  synthesis  and 
which  lead t,o different  sounds: 

first 3 formants  and  bandwidths 

formant  frequency of nasal  anti-resonator 

gains of exitation  sources 

gains of parallel  resonators 

fundamental  frequency 

paxameters  which  are  modified  to ol,t,ain different  speaker 
characteristics: 

formant  and  bandwidth of 4th and st11 resonator 

psrameters wllich determine  the shape of the  voicing signal 

gains of the  cascade  resonators 

constant  parameters: 

formant  and  bandwidth of  Gth resonaLor 

coefficients of several low pass filters 

TOOLS  FOR  SPEECH A N A L Y S I S  AND SPECTRAL 
MATCHING OF NATURAL AND  SYNTHETIC 
SPEECH 

To obtain  a  high  quality of the  synthetic  speech,  it is necessary 
to   s tudy in detail  the  stationary  and  the  transitional  parts of all 
phonemes of the  concerned  language.  For  that  purpose,  software 
tools  for  formant  and  fundamental  frequency  analysis  are 
required. 

The  spectrogram  usually  provides  a  more  qualitative  representa- 
tion of the  utterance  which  may b e  used for  labeling  the  speech 
signal and for t h e  investqption of longer utterances, if fine t.un- 
ing  was  already  performed.  For  the  det,ailetl  quantitative  spec- 
tral  matching,  the  spectrum  has to be used, which  represents 
the  speech  signal  only  within a limited  time window. Especially 
for the  investigation of transitions it is sometimes  useful  to have 
a cletailetl information  about  the  formant  constxllstion  over a 

longer  time  period.  For  this  purpose some special  formant  track- 
ing  tools  where  developed  which  are  I~ased on a  mathematical 
model of the  cascade/parallel  formant  synthesizer.  It  was 
expected tha t  an analysis on the  hase of this  nlathernat,ical 
model  would lead to  values  for  the  formants  and  bandwidths 
which  lead to a good result, if tllcse  values  are  taken  for a 
resynthesis of the  analysed  utterance. 

In the  matl~ematical  model,  the  resulting  synthesizer  output is 
modeled  directly as a funct,ion of the  synthesizer  parameters, 
e.g.  the  formants  and  the  bandwidths.  It  turned  out  that tke  
model  for the  cascade  branch  leads  to  the  same  formant  track- 
ing  algorithm  that  was  described by the  author in 133, w!de a 
different  model has to be  used for t,he parallel  branch. This 
model is based  on  the  transfer  function or t.he parallel  branch: 
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where ci and di are  the  coefficients of the digital  resonators 
(131)) -4i are  the  resonat,or  gains (Ab bypass)  and m is the 
number of resonators  (i.e. m=6). A similar  approach  which is - 
as in ,131 - based  on  Kalman-Filtering, can t,hen be used to 

analyse  obstruents  which  are  supposed  to be produced  by  the 
parallel  branch. Bg2 shows in the  first  part  the  spectrogram of 
the  German  diphtong /aw/  which is difficult to  analyse  using  a 
spectrogram  because  the  first 2 formants  are  very close together. 
In the  second  part,  the  analysis  with t,he I<alman-Filter is 
shown,  using  the  lnodel  for  the  cascade  branch. 
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FlgL Formants  of the  German  diphtong  /aw/  displayed  with 
the use of a spectrogram  (a)  and  with  the  use of a ICalman- 
Filter  based  formant  tracker  (b) 

For  obstruents,  the  filter  tries  to  estimate  the  formants  and  the 
resonator gains from  the  given  spccch signal. T h e  bandwidths 
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are  not  very  important  for  tlre  syntllcsis of these sountls anti are 
not  included  in  the  state  vector for t l ~ c  pnrallcl branc11 model. 
This  way of estimation  sometimes  still leads t,o prol)lems for  the 
analysis of obstruents but  often yields good result,s. s i l o ~ s  
an  example  where  the  formant tracks for (.he genpratlon of 2 
voiceless fricatives  were  given to the  parallel  s),nt,hesizer b r a l ~ c i ~  
and  these  tracks  were  recovered wit,ll a Iialman-Filter  from the  
resulting  synthetic  speech  signal  with  the use o f  t h c  model for 
the  parallel  synthesizer  brancll. 
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Formant   t racks used for the synthesis of 2 German  frica- 

tives  (a)  and  estimated  formant  tracks  from  the  synthetic 
speech  signal  (b) 

Since  the  synthesis wit11 parameter va.lues which were obtained 
from  the  formant  analysis of an uttcrance,  usually does not 
result in a speech  signal;  that  has  exactly  the  same  spectral pro- 
perties  as  the  original speech signal; a time  consuming  tuning 
procedure is normally required to  adapt  the  acoustic  propercies 
of the  synthesized  signal.  The  initial  parameter  values for this 
iteration  can  be  obtained  with  the c1escril;etl tools,  which  can 
also  be  used for the  spectral  comparison of synthetic and 
natural  utterance  during  the  tuning  process. 

INWSTIGATION OF THE  STATIONARY AND 
TR.ANSITIONAL PARTS OF THE  PHONEMES 

To obtain  a  high voice quality,  it is necessary  to perlorn1 spec- 
tral  matching  with  all  phonernes of the  language anti to  invest,i- 
gate especially the  consonant  vowel  transitions.  The n u m b e r  of 
German  phonemes is about   the  smle as for t,he American 
language,  including  the  same  phoneme  classes,  like oo~vels, 
sonorants,  stops,  fricatives  etc..  The consonant vowel  transitions 
are  calculated  using  consequently  the locus theory,  which is also 
the  case for the  American  version. I t  t)\lrnecl out  that   the  prob- 
lems  which  occur with the use of that  approach  are  also  similar 
for both  languages. 

PROSODICS 

For  the  calculation of the  phoneme  durat,ions, the  same basic 
model as for t h e  American version jsj, can be used for t,he Cer- 
man  version.  However  the  calculation ol' t,he conr,ext, dependent .  

GENERATION OF DIFFERENT  VOICES 

The  capahiiity of the  American D b X t , a k  system to gene ra t c  
diflerent  voices was also  retained  for  the Cermnn  version. Cer- 
tain voice parameters  are  reserved for this purpose: 

(1) excitation  source  parameters, which  modify t.lre shape of 
the  voicing  signal.  Examples  are the pa.rameters  for 
breathiness or laryngealization. 

( 2 )  vocal  tract  parameters  as e.g. head  size or the  4th formant. 
modify t h e  acousblc properties oi' the  vocal  tract  r,ranafer 
function. 

(3) prosodic  parameters as e.g. t,he a v e r a g e  pitch or (.he pilclr 
range  are used to  change  the speaker  sex or to motl i l '~~ the  
intonation of a speaker.  shows  the spect.rnm 01 the 
same  vowel  for  a  normal  male voice and for a child voice. 
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lig& Spectrum of a vowel for a normal  male voice (a) a.nd 
a child  voice (b) 

SPECIAL  PROBLEMS  FOR  THE  GERMAN  VERSION 
OF DECTALK 
It is not  possible  to  describe all problems tha t  arose  during  the 
moclifica.tion of t,lle DECtalk system  for clle German  language. 
The main  points  are  very  briefly  listed I~clow: 

e letter-to-sound  rules 
e rules  for  stress  assignment 

e dictionary 

new  duration rules 

syntactic  analysis of the  sentence 

new intonation  rules 

new  class of vowels  (front-round) 

new  fricatives  (palatal a,nd velar) 

sonorants / I /  and /?/ without  American  accent 

synthesis of nvu1a.r / R /  
new  German  affricates 

nasalized  vowels for German  foreign ~ o r d s  

CONCLUSION 

During  the  development of the  German  version of the  DECbalk 
text-to-speech  system,  many  experiences were made,  which  main 
features a text-to-speech  system should have i n  order to obtain 
high  voice quality.  These  main  features  are  summarized  below: 

e cascade/parsllel  formant  synt>hesizer 

e natural  and  very  flexible  voicing  source 

e complicated  transition  rules 

e context  depended  duration rules; duration  can be adjusted 
continuously 

e complicated  syntactic  analysis of the  sentence; consiclera- 
tion of many  exceptions (e.g. stressed vowel a t  the  end of 
the  sentence  etc.) 

complicated  calculation of fundamental  frequency; fO can 
be adjusted  continuously  for  each  frame. 

e large  variability of all synthesizer  parameters  for  the  gen- 
eration of different  voices 
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